Abstract. This paper uses LabVIEW as a software platform combined with the PXIe-4497 sound and vibration acquisition card to design a sound source localization system. Using the sounding device as sound source, the data is received by the microphone array. After the processing of the sound source localization system, the sound image is added with the video to achieve the locating of the sound source. The system consists of three modules: sound pressure data acquisition module, video acquisition module and data processing module. The sound pressure data acquisition module is programmed by using the DAQmx API function, the video acquisition module is based on the IMAQdx function, and the data processing module uses the phase-shift sum beamforming algorithm. The design of this system can provide practical references for future applications such as noise detections.
Introduction
Based on the LabVIEW software platform and the PXIe-4497 sound and vibration acquisition card, the sound is played by the mobile phone to simulate the sound source, the signal is received by the sensor, and the data processing and sound source localization system is designed by LabVIEW. As shown in Figure 1 , a microphone (sensor) is the basic element of a microphone array. The microphone array [1, 2] used in this system consists of 32 sensors that are used to receive the signals. The data is collected by the PXIe-4497 acquisition card [3] and the system designed by LabVIEW is used to process data and to realize the localization of sound source. 
Sound Source Localization System Module Programming The Sound Pressure Data Acquisition Module
This system uses the DAQmx API function [4] to realize the sound pressure data acquisition. During the programming process, DAQmx Create Virtual Channel.vi is used to add one or a batch of virtual channels to the task. DAQmx Timing.vi is used to specify whether the data acquisition operation of the device is continuous or limited. DAQmx Start Task.vi is used to convert a task to running state. In the running state, the task will achieve the specific acquisition or generation.
DAQmax Read.vi is used to read the data samples from the task or the specified virtual channels, in other words from the cache. DAQmx Stop Task.vi is used to stop the task. DAQmx Clear Task.vi is used to clear the task. If the task is running, it will be aborted firstly and then all its resources will be released. The sound pressure data acquisition flow chart is shown in Figure 2 . When LabVIEW builds a sound pressure data acquisition module, the first step is to set up the polymorphic VI selector of DAQmx Create Virtual Channel.vi and to create a physical channel input control. Secondly, in DAQmx Timing.vi, it needs to create a sample mode input control, sample rate input control, to select continuous sampling and to set up the sampling rate. Finally, the per-channel sample control will be created to connect with the DAQmx Read.vi, and the polymorphic VI selector will be selected. The setup process is shown in Figure 3 . After the parameters setting is completed, DAQmx functions need to be connected with each other, and a continuous loop is used to achieve continuous sampling. As shown in Figure 4 . The waveform graph control is also used here to display the data waveforms, and the spectrum measurement control is used to observe the spectrum. The two-dimensional array is used to store the data in the current loop, and the property control of DAQmx Read.vi(Available Samples Per Channel)is used to display the amount of data that is not been read in the current cache. 
The Video Acquisition module
The video acquisition is similar to the sound pressure data acquisition process, and program uses the IMAQdx functions. Firstly IMAQdx Open Camera.vi is used to open the camera. Secondly, IMAQdx Configure Grab.vi is used to configure the camera, and IMAQ Create.vi is used to create the image cache. Then IMAQdx Grab.vi is used to capture images. Finally IMAQdx Close Camera.vi is used to turn off the camera and IMAQ Dispose.vi to release the image cache. The video acquisition flow chart is shown in Figure 5 . Like the sound pressure data acquisition, IMAQdx functions need to be connected with each other, and a "while loop" is used for continuous acquisition. The implementation process is shown in Figure 6 . 
Data Processing Module
This system uses the phase-shift sum beamforming algorithm [5] to achieve sound source localization. This algorithm is an improvement version based on the conventional beamforming algorithm [6, 7] . The principle of the conventional beamforming algorithm is to make the input signals of each sensor in time alignment, then translate it, and sum the translated signals together. The operation process is shown in Figure 7 . Here ( ) represents the signal received by each sensor (m=1,...,M), and is the relative delay between the search point to the reference microphone and to m microphone, is the weighting factor of each sensor. The output of conventional beamforming can be shown in equation (1) . Figure 7 . Conventional beamformer.
A Fourier transform is performed for the right side of the equation (1) to obtain a phase-shift sum beamforming expression, as shown in equation (2) .Where k is the reconstruction point, s is the target sound source, m is a certain sensor, and c is the speed of sound. The calculation formula of is shownin equation (3) .
The search process is shown in Figure 8 .According to the phase-shift sum beamforming algorithm, the reconstructed surface with the length of (-0.63m, 0.63m) and the width of (-0.45m, 0.45m) is searched, which is the process of calculating the . Searching the reconstructed surface, the implementation process is shown in Figure 9 , and the phase shifting and summing implementation process is shown in Figure 10 . 
Graphical Programming Implementation
The sound source localization program that uses PXIe-4497 sound and vibration acquisition card and the LabVIEW software platform is shown in Figure 11 . This program uses the event generation structure of LabVIEW to achieve multi-thread synchronization to ensure data rigor and synchronization, which is using "set event occurrence" in one loop and "waiting for event occurrence" in the other loops. This program also uses local variables to transmit sound pressure data and video data. The sub-vi is used to simplify the program structure. The parameters such as sensor coordinates and distance are transmitted into the delay.vi to generate . The algorithm.vi is the algorithm part, which will produce a two-dimensional array (480*640)connected to the IMAQ ArrayToColorImage.vi to generate image data, and IMAQ Add.vi is used to add image and video together. Finally, the result will be exported through the Image Display control. The localization result is shown in Figure 12 . 
Conclusion
LabVIEW is the most widely used, fastest developing and most powerful graphical programming integrated environment. This sound source localization system designed by LabVIEW combined with PXIe-4497 sound and vibration acquisition card has achieved the desired results. This system provides practical basis not only for experiment teaching, but also for noise detection, whistle snapping and other practical applications.
